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(57) ABSTRACT 

A system and method of digitally predistorting a transmitter 
that has a digital input, up-converter, and a RF ampli?er is 
disclosed. A digital predistorter preferably employs three 
paths for the digital input signal: a linear path, a memoryless 
digital predistortion path, and a memory based digital pre 
distortion path. The memoryless path is preferably a look up 
table (LUT) of gain error corrections indexed to the input 
magnitude or input poWer. The linear path is separated to 
preserve the dynamic range of the system and avoid quan 
tiZation associated With memoryless LUT correction. The 
memory based digital predistortion path ?lters the poWer 
envelope, or higher even order modes of the input signal 
magnitude, employing a hierarchical ?lter, to produce a gain 
correction. The input signal is modulated by the gain error 
corrections produced by the memoryless and memory based 
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DIGITAL PREDISTORTION SYSTEM AND 
METHOD FOR LINEARIZING AN RF POWER 

AMPLIFIER WITH NONLINEAR GAIN 
CHARACTERISTICS AND MEMORY EFFECTS 

RELATED APPLICATION INFORMATION 

[0001] The present application claims priority under 35 
USC 119 (e) to provisional application Ser. No. 60/549,320 
?led Mar. 1, 2004, the disclosure of Which is incorporated 
herein by reference its entirety. 

FIELD OF THE INVENTION 

[0002] The present invention relates to the ?eld of Wireless 
communications, speci?cally cellular base station transmis 
sion. More speci?cally, the present invention relates to 
lineariZing a transmitter that converts a digital signal into a 
RF Waveform, in particular lineariZing the RF poWer ampli 
?er. 

BACKGROUND, PRIOR ART AND RELATED 
INFORMATION 

[0003] In the RF transmission of digital information, 
sampled data sequences are converted to analog signals and 
processed, subsequently, by various operations containing 
unWanted nonlinearities. The primary source of nonlinearity 
is the poWer ampli?er (PA). Nonlinear behavior of the PA (or 
other devices) can be compensated using digital predistor 
tion (DPD). That is, the correction signal is a sampled 
sequence applied prior to the PA to create a corrected signal 
Which compensates for nonlinear modes in the transmitter. 

[0004] The nonlinear behavior of the PA transfer charac 
teristics can be classi?ed as memoryless or memory based. 
For a memoryless nonlinear device, the nonlinear modes are 
functions of the instantaneous input value, X(t), only. In 
contrast, for a PA exhibiting memory effects, the nonlinear 
modes are functions of both instantaneous and past input 
values. In general, memory effects eXist in any PA; hoWever, 
the effect becomes more apparent When the bandWidth of the 
input signal is large. As a result, the correction of memory 
effects Will become increasingly more important as Wide 
bandWidth modulation formats are put in use. 

[0005] Therefore a need presently exists for an improved 
digital predistortion system Where, in addition to correcting 
memoryless nonlinearities, the speci?c problem of compen 
sating for memory effects associated With the poWer ampli 
?er is addressed. 

BRIEF DESCRIPTION OF THE DRAWINGS 

[0006] FIG. 1 is a block schematic draWing of a lineariZed 
transmission system employing a digital predistortion sys 
tem and method in accordance With the present invention. 

[0007] FIG. 2 is a block schematic draWing of a lineariZed 
transmission system employing an adaptive digital predis 
tortion system in accordance With the present invention. 

[0008] FIG. 3 is a timing diagram shoWing iteration 
timing in the adaptive digital predistortion lineariZed trans 
mission system of FIG. 2. 

[0009] FIG. 4 is a block schematic draWing of the forWard 
gain mapping circuit block of the system of FIG. 2. 
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[0010] FIG. 5 is a functional block schematic draWing of 
the DPD block of FIGS. 1 and 2. 

[0011] FIG. 6 is a schematic draWing shoWing a detailed 
implementation of the DPD block of FIGS. 1 and 2 in 
accordance With a preferred embodiment of the invention. 

[0012] FIG. 7 is a schematic draWing shoWing a detailed 
implementation of the coef?cient estimator block of FIG. 2 
in accordance With a preferred embodiment of the invention. 

[0013] FIG. 8 is a schematic draWing shoWing a detailed 
implementation of the Hanning ?lter block of FIG. 6 in 
accordance With a preferred embodiment of the invention. 

[0014] FIG. 9 is a graphical representation of the ?ltered 
output of the Hanning ?lter block of FIG. 8. 

[0015] FIG. 10 is a schematic draWing shoWing a detailed 
implementation of the basis Waveform generator block of 
FIG. 7 in accordance With a preferred embodiment of the 
invention. 

SUMMARY OF THE INVENTION 

[0016] In a ?rst aspect the present invention provides a 
digital predistorter adapted to receive a digital input signal 
and output a predistorted digital signal. The digital predis 
torter comprises an input coupled to receive the digital input 
signal. A ?rst signal path is coupled to the input. A second 
signal path, coupled to the input in parallel With the ?rst 
signal path, comprises a ?rst digital predistorter circuit 
providing a ?rst predistortion signal. The ?rst digital pre 
distorter circuit comprises a detector providing a signal 
related to the magnitude of the digital input signal and a 
Look Up Table of gain error corrections indeXed by the 
signal related to the magnitude of the digital input signal. A 
third signal path, coupled to the input in parallel With the ?rst 
and second signal paths, comprises a second digital predis 
torter circuit providing a polynomial based predistortion 
operation on the input signal and providing a second pre 
distortion signal. A combiner circuit receives and combines 
the outputs of the ?rst and second digital predistorter circuits 
With the output of the ?rst signal path to provide a predis 
torted digital output signal. 

[0017] In a preferred embodiment of the digital predis 
torter the Look Up Table preferably has a maXimum indeX 
range Which is less than the maXimum magnitude of the 
digital input signal. The second digital predistorter circuit 
preferably comprises a ?Xed coefficient ?lter and an adap 
tive coef?cient ?lter coupled in series. The ?Xed coef?cient 
?lter preferably comprises a Hanning ?lter. The second 
digital predistorter circuit further comprises a circuit pro 
viding a signal corresponding to a poWer of the magnitude 
of the input signal and the ?Xed coef?cient ?lter provides a 
bandpass ?ltering operation on the signal corresponding to 
a poWer of the magnitude of the input signal. The second 
digital predistorter circuit preferably provides a third order 
predistortion signal from the input signal. The second digital 
predistorter circuit may further provide one or more 3+2m 
order predistortion signals from the input signal, Where m is 
an integer. The adaptive coef?cient ?lter of the second 
digital predistorter circuit preferably comprises at least three 
multipliers receiving and operating on the ?lter input With at 
least three adaptive ?lter coef?cients. The adaptive coef? 
cient ?lter of the second digital predistorter circuit prefer 
ably receives the output of the ?Xed coef?cient ?lter as the 
?lter input. 
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[0018] According to another aspect the present invention 
provides a digital predistortion circuit adapted to receive a 
digital input signal and output a digital predistortion com 
pensation signal. The digital predistortion circuit comprises 
an input for receiving the digital input signal. Asignal poWer 
detector circuit is coupled to the input and provides a digital 
poWer signal corresponding to a poWer of the magnitude of 
the input signal. A ?xed coef?cient ?lter bank is coupled to 
the signal poWer detector circuit and provides a bandpass 
?ltering operation on the digital poWer signal. An adaptive 
coef?cient ?lter bank is coupled in series With the ?Xed 
coef?cient ?lter bank and operates on the output of the ?Xed 
coef?cient ?lter bank, Wherein the output of the adaptive 
?lter bank is provided as a digital predistortion compensa 
tion signal. 
[0019] In a preferred embodiment of the digital predistor 
tion circuit the ?Xed coef?cient ?lter bank comprises at least 
?rst, second and third bandpass ?lters operating on the 
digital poWer signal to provide ?rst, second and third band 
limited poWer signals. The ?rst, second and third band 
limited poWer signals may comprise sine, cosine and DC 
signals derived from the digital poWer signal. For eXample, 
the ?Xed coef?cient ?lter bank may comprise a Hanning 
?lter. The adaptive coef?cient ?lter bank preferably com 
prises a source of at least three adaptive coef?cients. The 
digital poWer signal may comprise a second order poWer of 
the input signal magnitude. The digital predistortion circuit 
preferably further comprises a multiplier coupled to receive 
the output of the adaptive coef?cient ?lter bank and also to 
receive the input signal, Wherein the multiplier outputs a 
third order signal as the digital predistortion compensation 
signal. The digital poWer signal may further comprise higher 
even order modes of the input signal magnitude and the 
digital predistortion circuit outputs higher odd order signals 
comprising the digital predistortion compensation signal. 
[0020] According to another aspect the present invention 
provides an adaptively lineariZed transmission system com 
prising an input adapted to receive a digital input signal. A 
digital predistorter is coupled to the input and receives the 
digital input signal and outputs a predistorted digital signal. 
The digital predistorter comprises a hierarchical ?lter, 
including a ?Xed coefficient ?lter and an adaptive coef?cient 
?lter coupled in series, to compensate for memory effects of 
the transmission system. A digital to analog converter is 
coupled to receive the predistorted digital signal output of 
the digital predistorter and provides an analog signal. An up 
converter receives the analog signal from the digital to 
analog converter and converts it to an RF analog signal. A 
poWer ampli?er receives the RF analog signal and provides 
an ampli?ed RF output signal. An output sampling coupler 
is coupled to sample the analog RF output signal from the 
poWer ampli?er. A feedback circuit path is coupled to the 
output sampling coupler and comprises a doWn converter 
and an analog to digital converter converting the sampled 
RF output signal to a digital sampled signal representative of 
the RF output signal. A forWard gain mapping circuit is 
coupled to receive the input signal and provides a model of 
the effect of the digital predistorter and poWer ampli?er on 
the input signal. An error generator circuit is coupled to 
receive the output of the forWard gain mapping circuit and 
the digital sampled signal from the feedback circuit path and 
provides a digital error signal from the difference betWeen 
the signals. An adaptive coefficient estimator circuit is 
coupled to receive the digital input signal and the digital 
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error signal and provides updated predistortion coefficients 
to the adaptive ?lter in the digital predistorter. 

[0021] In a preferred embodiment of the adaptively lin 
eariZed transmission system the ?Xed coef?cient ?lter com 
prises a band pass ?lter. For eXample, the ?Xed coef?cient 
?lter may comprise a Hanning ?lter. The coef?cient estima 
tor circuit preferably comprises a memory basis Waveform 
generator circuit comprising a signal poWer detector pro 
viding a poWer signal corresponding to a poWer of the input 
signal magnitude and a hierarchical ?lter, comprising a band 
pass ?lter in series With a second ?lter, operating on the 
poWer signal and providing a plurality of basis Waveforms. 
The coefficient estimator circuit preferably comprises a 
plurality of band pass ?lters receiving and operating on 
respective basis Waveforms. The coef?cient estimator circuit 
preferably further comprises an error coef?cient estimator 
coupled to the output of the plurality of ?lters for computing 
errors in the adaptive ?lter coef?cients. The coef?cient 
estimator circuit preferably further comprises a coef?cient 
update circuit for determining the updated ?lter coef?cients 
from the errors in the adaptive ?lter coef?cients. The for 
Ward gain mapping circuit and the coef?cient estimator 
circuit may be implemented in a programmed digital signal 
processor. 

[0022] According to another aspect the present invention 
provides a method for digitally predistorting a digital input 
signal to compensate for memory effect distortion in a 
transmission system including an RF poWer ampli?er. The 
method comprises receiving a digital input signal, deriving 
a digital poWer signal corresponding to a poWer of the 
magnitude of the input signal, performing a ?rst ?ltering 
operation on the digital poWer signal employing a ?Xed set 
of ?lter coef?cients to provide a ?rst ?ltered signal, per 
forming a second ?ltering operation on the ?rst ?ltered 
signal employing an adaptive set of ?lter coef?cients to 
provide a second ?ltered signal, and providing a predistor 
tion compensation signal from the second ?ltered signal. 

[0023] In a preferred embodiment of the method for 
digitally predistorting a digital input signal, performing a 
?rst ?ltering operation comprises operating on the digital 
poWer signal employing a ?Xed Hanning kernel. The ?rst 
?ltered signal may comprise separate sine, cosine and DC 
components. Providing a predistortion compensation signal 
from the second ?ltered signal preferably comprises multi 
plying the second ?ltered signal With the input signal to 
provide a third order signal as the predistortion compensa 
tion signal. The method preferably further comprises sam 
pling an output of the transmission system, modeling the 
transmission system gain operating on the input signal, 
determining an error from the sampled output and modeled 
output, and updating the adaptive ?lter coefficients using the 
error. Modeling the transmission system gain operating on 
the input signal preferably comprises modeling the ?ltering 
operation and the effect of distortion from the ampli?er in 
the transmission system. 

[0024] Further features and advantages of the present 
invention are set out in the folloWing detailed description. 

DETAILED DESCRIPTION OF THE 
INVENTION 

[0025] AlineariZed transmission system employing a digi 
tal predistortion system and method in accordance With a 
preferred embodiment of the invention is shoWn in FIG. 1. 
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[0026] Referring to FIG. 1, the linearized transmission 
system includes a digital predistorter (DPD) 100 for linear 
iZing a transmitter 104 having a power ampli?er (PA) 110 
and conventional digital to analog converter (DAC) circuitry 
106 and upconverter circuitry 108. A digital input signal 
x(nT) is applied at the input 102 and provided to digital 
predistorter 100. The digital input signal may typically be 
provided in complex form having an in phase (I) and 
quadrature (Q) component, as is Well knoWn in the art, and 
such is implied herein although single signal lines are shoWn 
for ease of illustration. For example, the input signal may be 
any of a number of knoWn Wide bandWidth signals, such as 
CDMA and WCDMA signals, employed in cellular Wireless 
communications systems. The digital predistorter 100 
receives the digital input signal x(nT) and predistorts it to a 
signal xPD(nT) to compensate for nonlinearities in the trans 
mitter. The predistortion operation implemented by digital 
predistorter 100 corrects for nonlinearities of ampli?er 110 
and may also optionally correct any nonlinearities provided 
by the other components of the transmitter 104. The ampli 
?ed analog signal is provided at output 112, typically to a 
conventional antenna system in a cellular Wireless commu 

nications application (not shoWn). 

[0027] As shoWn in FIG. 1, the digital predistorter 100 
includes three parallel signal paths 114, 116 and 118. Path 
114 provides linear compensation Which may simply pro 
vide a delay to the input signal. The memoryless and 
memory digital predistortion (DPD) circuits 116, 118 are 
shoWn separately. As Will be discussed later in detail, the 
memory DPD operation is based on a polynomial model of 
the nonlinearity and the memoryless DPD is (preferably) 
implemented using look-up tables that map the poWer ampli 
?er gain corrections to the input signal magnitude (or 
poWer). Separating the memoryless and memory DPD cir 
cuits alloWs the use of different structures or different orders 
of nonlinear correction. The tWo predistortion corrections 
provided by memoryless DPD circuit block 116 and memory 
DPD circuit block 118 are combined at combining circuit 
122, Which may be a complex addition circuit, to form a 
combined predistortion correction to the input signal. This 
combined predistortion correction signal is then applied to 
the input signal at main path combining circuit 120, Which 
may also be a complex addition circuit, to provide the 
predistorted digital signal. This predistorted digital signal is 
provided along line 124 to the digital input of transmitter 
circuitry 104. 

[0028] More speci?cally, the predistorted signal, xPD(nT), 
is preferably the Weighted sum of prede?ned basis Wave 
forms derived from the input signal x(nT). The basis Wave 
forms can be described by one of three classes: linear 
Waveforms that are linear functions of the input signal; 
nonlinear memoryless Waveforms that are derived from the 
instantaneous sample of the input signal; and nonlinear 
memory-based Waveforms that are nonlinear functions of 
input samples obtained over an interval of time. Associated 
With each basis Waveform is a coef?cient that acts as a 
complex Weighting term. The coef?cient Weights alloW 
adjustments in magnitude and phase of the basis Waveforms 
before combining (adding together), and are used to mini 
miZe the distortion at the poWer ampli?er output yRF(t). The 
selection of the basis functions and the estimation of the 
coef?cients are described later. 
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[0029] As shoWn in FIG. 1, the correction signals 
(Weighted basis Waveforms) are added in parallel to com 
pensate for subsequent nonlinear behaviour Within the 
ampli?er. The advantage of adding the correction signals is 
that the number of the basis Waveforms can be increased as 
desired to improve the linearity of the entire system. That is, 
there is a trade-off betWeen performance (amount of correc 
tion) and the complexity of the predistortion (number of 
basis Waveforms generated). 

[0030] In the preferred embodiment, the linear basis Wave 
form is equal to the input signal, delayed if necessary to be 
time-aligned With the nonlinear basis Waveforms. Any linear 
equaliZation or corrections for in-phase and quadrature 
errors Within the up-conversion block may be compensated 
elseWhere in the transmission path. It is possible to include 
additional linear basis Waveforms as part of the DPD; 
hoWever, they have the potential to compete With any 
adaptive equaliZation blocks Within the transmission path 
Which Would lead to coef?cient drift (an undesirable effect). 

[0031] As mentioned above, the nonlinear basis Wave 
forms can be classi?ed as memoryless or memory based. 
The memoryless basis Waveform is characteriZed by a Wide 
bandWidth and is derived from many nonlinear modes of the 
input signal. The memory based basis Waveforms have 
narroWer bandWidths and are preferably derived by ?ltering 
individual nonlinear modes of the input signal. 

[0032] In the preferred embodiment, the correction of the 
memoryless component of the poWer ampli?er nonlinearity 
is achieved using a look up table (LUT) of gain error terms 
that are indexed using the magnitude or squared magnitude 
of the input signal. The gain error terms are complex values 
alloWing the adjustment of magnitude and phase as a func 
tion of the input magnitude. In an alternative embodiment, 
the memoryless correction may be achieved using a poly 
nomial expansion Whose basis Waveforms are odd-order 
nonlinear modes of the input signal and Whose coef?cient 
Weights are complex scalar terms. 

[0033] In the preferred embodiment, the correction of the 
poWer ampli?er memory effects involves creating even 
order nonlinear modes of the original signal, then applying 
narroW bandWidth ?lters to produce a set of even order 
sub-signals. One of the even order nonlinear modes Would 
be the square magnitude of the input signal. The ?ltered even 
order sub-signals are memory based gain errors that modu 
late the input signal, thereby producing basis Waveforms 
With the desired odd order correction. A coef?cient Weight is 
applied to each basis Waveform to adjust the magnitude and 
phase. In the preferred method, the input signal provided on 
the linear path 114 is not transformed or sub-divided in any 
manner; only the nonlinear modes derived from the input 
signal are processed to generate the correction signal in 
paths 116 and 118 Which are combined at combining circuit 
122 With the input signal. 

[0034] Referring to FIG. 2 an embodiment of the linear 
iZed transmission system of the present invention employing 
adaptive generation of digital predistotion coefficients is 
illustrated. The upper path in FIG. 2 corresponds to that of 
FIG. 1 and like numerals are employed. The adaptive 
embodiment of FIG. 2 adds a loWer feedback path Which 
employs the input and the sampled output to provide 
updated DPD parameters to DPD 100. This is achieved by 
estimating the coef?cients that Weight each basis Waveform. 
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In each iteration the forward gain including the linear signal 
and distortion is estimated from the input X(nT) and output 

[0035] More speci?cally, as shoWn in FIG. 2, the RF 
output of the ampli?er 110 is sampled by a sampling coupler 
200 and the sampled analog RF signal is doWn converted 
and demodulated to an analog I,Q signal by conventional 
analog doWn converter circuitry 202. The up and doWn 
conversion processing of the analog signals in the system are 
preferably phase synchroniZed by using the same local 
oscillator for both doWn conversion circuitry 202 and the up 
conversion circuitry in transmitter 104. The analog sampled 
output signal is converted to a digital signal by conventional 
analog to digital converter (ADC) circuitry 204. The output 
of analog to digital converter circuitry 204 is also aligned in 
time With the input at time alignment block 206 and is 
normaliZed to have the same nominal poWer and sample rate 
as the input at gain block 208. Time alignment does not have 
causal constraints because the input and output samples are 
captured ?rst then processed as a batch (not real-time). The 
input signal is provided to forWard gain mapping (FGM) 
circuit block 210 Which may be implemented in a suitably 
programmed DSP implementing signal processing described 
in detail beloW (and a schematic draWing of the FGM block 
is shoWn in FIG. 4). The product of the input reference 
signal and the forWard gain provides an estimate of the 
normaliZed output y(nT)/Gave (Where Gave is the nominal 
gain de?ned later). The difference betWeen the estimated and 
measured outputs, an error signal denoted by e(nT), is output 
from circuit 212. A coef?cient estimator processing block 
214; Which also may be implemented in the same or separate 
DSP as FGM block 210, is used to obtain the coef?cient 
adjustments producing the least mean squared error. (A 
schematic draWing of the coef?cient estimator processing 
block 214 is shoWn in FIG. 7.) 

[0036] The adaptive digital predistortion system and 
method of the embodiment of FIG. 2 preferably uses an 
iterative method to estimate and re?ne the correction signals 
provided by DPD 100 by providing updated DPD param 
eters. Each iteration comprises three steps: (1) capturing the 
input and output samples over an observation interval and 
estimating the forWard gain error, (2) updating the accumu 
lated forWard gain error, and (3) computing the required 
DPD parameters. The timing of the iterations is shoWn in 
FIG. 3, Which illustrates batch processing using observation 
or data capture intervals 300 and computation intervals 302 
Where updated DPD parameters are computed. 

[0037] Referring again to FIG. 2, Within the forWard gain 
mapping circuit block 210 after input and output samples are 
obtained for the observation interval associated With itera 
tion i, the forWard gain is computed to minimiZe the residual 
error e(t). The forWard gain mapping for iteration i is 
denoted by FGM(i). The accumulated forWard gain error is 
used to update the predistortion estimate, implemented by 
DPD 100 in FIG. 2. 

[0038] In the preferred embodiment, the estimate of the 
desired DPD operation is the inverse of the accumulated 
forWard gain error: 
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[0039] Where 0<a<1 and U‘1 denotes an inverse operation, 
described later. As the system converges, the forWard gain 
mapping FGM(i) approaches unity. Thus, tWo important 
aspects of (Eq. 1) are the accumulated gain error on the 
forWard path and the inversion of the accumulated forWard 
gain error to obtain the actual predistortion DPD operation. 

[0040] The forWard gain mapping for iteration i is 

FGM(i)=1+cU-Gen(i)+Gmem(i) (Eq. 2) 
[0041] Where Gerr is the memoryless gain error, Grnern is 
the memory based gain error, and c0 is a complex coef?cient 
Weight (near unity) that is affected by correlation betWeen 
Gen and Grnern (described later in relation to the coef?cient 
estimator 214). The functional blocks of FGM circuit 210 
are shoWn in FIG. 4 and implement (Eq. 2). Speci?cally, the 
input signal at 400 is provided to three signal paths. The ?rst 
signal path 402 simply provides the input signal to adder 410 
(optionally With a suitable delay). The second signal path 
includes memoryless gain error function block 404, multi 
plier 408 and coefficient storage 406 implementing the 
second term of (Eq. 2) and providing the result to adder 410. 
The third signal path includes memory based gain error 
function block 412 Which implements the third term of (Eq. 
2) and provides the output to adder 410. The estimate of the 
output signal using the forWard gain mapping is 

ave 

[0042] 
puted as 

Where Gav is the average gain preferably com e 

n 

n 

Gave = 

[0043] The digital predistortion gain is obtained from the 
inverse of the accumulated FGM: 

DPD=1+Hen+Hmem 

[0044] Where H 

(Eq- 5) 

m is the inverse mapping of the accumu 
lated Gerr (described later) and Hrnern is the inverse of the 
accumulated memory based gain error Grnern (described 
later). The predistorted signal is 

xPD(nT)=DPD'x(nT). (Eq. 6) 
[0045] The functional blocks implementing (Eq. 5) in the 
DPD 100 are shoWn in FIG. 5. These functional blocks 
correspond to the DPD paths 114, 116 and 118 in FIG. 1 and 
like numerals are used in FIG. 5. 

[0046] Next the details of the determination of Gen and 
Hen Will be described in a preferred embodiment. In the 
preferred embodiment, the memoryless correction is imple 
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mented using a LUT that maps the input signal magnitude to 
the complex gain error. The range of input magnitudes is 
quantized into a ?xed number of bins. For each input 
sample, the appropriate bin is identi?ed, and the correspond 
ing complex gain error is used to modulate the input sample. 
In general, the complex gain error varies With the input 
signal magnitude thus creating a nonlinear memoryless 
Waveform. 

[0047] The index for the LUT is 

[0048] Where p is a scale term, q is an offset, and round{} 
is an operator that identi?es the nearest integer. The center 
magnitude of bin L is 

[0049] The number of bins required to model the memo 
ryless gain error depends on the variations in the gain error 
over the input signal magnitude range. In general, the 
highest bin should have a center magnitude near the maxi 
mum input signal magnitude, |x|maX. In such cases, the 
number of bins Would be 

(Eq- 9) 

[0050] Where LrnaX is the number of bins. The selection of 
p determines LmaX. 

[0051] The complex gain error terms are the coefficients 
that must be estimated. Time-aligned input and output 
samples are grouped into bins based on the magnitude. 
Within each bin, the average gain error is computed. The 
gain error for bin L is 

A E . l0 

ZWL-{IZ‘ ) ?at-M} “ ) 
A ave 

Gm L = — 

( ) §wL-{x<A)-x*<m 

[0052] Where WL is a WindoW term that is a function of the 
input magnitude speci?ed typically as 

O eleseWhere 

[0053] The WindoW term speci?ed in (Eq. 11) makes the 
bins used in both the predistortion and the estimation equal. 
For the predistortion, a small p is preferred because the bin 
separation is small Which in turn reduces the quantiZation 
noise associated With the LUT. Unfortunately, the estimation 
accuracy in (Eq. 10) is reduced When p (bin siZe) is small 
because feWer measurements are available for averaging. 
This can result in large ?uctuations in neighboring bins. A 
trade-off betWeen quantiZation noise in the predistorter and 
noise sensitivity in the estimator exists When using (Eq. 11) 
for both blocks. 
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[0054] In order to decouple the predistortion quantiZation 
and the estimation accuracy, the LUT is preferably 
smoothed. The preferred method is to select a Weighting 
function WL for the estimation that overlaps the bin center 
spacing. One such Weighting function is a Hanning WindoW: 

WL : (Eq. 12) 

O eleseWhere 

[0055] Where 0 controls the Width of the Hanning WindoW. 
Making o/J'c much larger than p“1 results in a smooth LUT 
mapping. 

[0056] The complex gain error for bin L, iteration number 
i, is denoted by G (L,i). The accumulated forWard gain 
error for bin L is 

err 

N (Eq. 13) 
aCLGm(L) = 000:1) - 6mm. 1) + a - 2 Com - 6mm 1) 

[:2 

[0057] Where N is the number of iterations, 0<ot<1, and 
cmi is a complex coef?cient Weight for iteration i. For large 
values of N, Gm(L,N) approaches Zero if the iterative 
process is converging. 

[0058] Note the coef?cient cod) is obtained as part of the 
estimation stage, described later, Which includes both 
memoryless and memory based basis Waveforms. The coef 
?cient cod) is unity for a purely memoryless system; small 
deviations from unity occur due to correlation betWeen the 
memoryless and memory based correction for the input 
signal format of interest. 

[0059] There is a need to invert the accumulated forWard 
gain error in order to predistort the signal. The inversion is 
preferably performed as folloWs: 

—acc G (L) 

* err 

(Eq. 14) 

[0060] Where LWarped indicates that the center magnitude 
of bin L has changed. The initial stage of the inversion Warps 
the center magnitudes of the bins, compressing it When the 
gain is loW (Gm<0) and expanding it When the gain is high 
(G >0): that is, the neW center magnitude, denoted by 
x becomes 

err 

lxlLmperIXIL'IHMLGEIADI- (Eq- 15) 

[0061] It is convenient to use interpolation to resample the 
LUT bins so that the center magnitudes are the same as the 
original bin indices L. 

[0062] Computing the gain error instead of the gain has 
the advantage of not quantiZing the linear portion of the 
input signal Which tends to be signi?cantly larger than the 
required correction signal. 
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[0063] Next the details of the memory based correction 
and the determination of Grnern and Hrnern Will be described 
in a preferred embodiment. The memory based correction is 
preferably achieved using ?ltered nonlinear modes to model 
the memory based gain errors. Filtering is applied to even 
order nonlinear modes of the input; the resultant signal is 
modulated by the input signal to obtain the basis Waveforms: 

‘{k(n7)=f5k(n7)'x(n7) (Eq- 16) 
[0064] Where yk is the basis Waveform and [3k is the ?ltered 
even order nonlinear mode also referred to as a “memory 
based gain error function”. 

[0065] Each memory based gain error function is de?ned 
by the order of the nonlinear mode and the center frequency 
of the bandpass ?ltering: 

[0066] Where (up is the center frequency of the ?lter, m is 
the mode order, and gm(t) is the baseband kernel of the ?lter. 
The selections of the baseband kernel and the center fre 
quencies are described beloW. 

[0067] The selection of the frequencies (up and the base 
band kernel affect the accuracy of the distortion cancellation. 
In the preferred embodiment, the spacing of the frequencies 
is ?Xed for a given mode, but may be different betWeen 
modes. Similarly, the baseband kernel used Within each 
mode is identical, but, in general, it is different betWeen 
values of m. 

[0068] For eXample, consider a second order memory 
based gain error function: 

[0069] There is a separate function, [32)p, for each fre 
quency (up. The fourth order gain error function Would be 

[0070] In general, the baseband kernels, g2 and g4, are 
different With the latter being narroWer in terms of the 
standard deviation Within the time domain. In addition, the 
set of the gain error functions is larger for g 4 compared to g2 
because more frequencies need to be speci?ed. This is due 
to the fact that the intermodulation covers a Wider portion of 
the spectrum as the order of the nonlinearity increases. As a 
result, more computations are required to compensate for 
higher order nonlinear modes using (Eq. 17). 
[0071] Alternative memory based gain error functions can 
be de?ned that model higher order nonlinearities using 
loWer order gain functions. For eXample, assume that a set 
of second order gain error functions has been computed, as 
shoWn in (Eq. 18). Higher order gain error functions can be 
obtained as folloWs: 
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[0072] This re-use of loWer-order results provides signi? 
cant improvements in computational ef?ciency. 

[0073] One advantage of the present memory based cor 
rection is that the number of gain error functions used can be 
adjusted as required With the goal of meeting spectral mask 
speci?cations (plus margin). The selection of the frequeri 
cies, (up, and the baseband kernels, gm, determines the 
distortion cancellation performance for a given poWer 
ampli?er and input signal. It is desirable to select the 
minimum number of memory based gain error functions 
required to meet the spectral mask. 

[0074] There is a trade-off that occurs in selecting the 
number and characteristics of the gain error functions. For 
eXample, over-specifying the number of gain error functions 
provides greater accuracy in the forWard modeling of the 
distortion; hoWever, problems emerge during the estimation 
of the Weighting coef?cients. The estimation becomes more 
dif?cult because the solution is ill-conditioned or, in the 
eXtreme case, not unique. 

[0075] Consider the non-uniqueness case. A homogenous 
solution eXists because the basis Waveforms are not inde 
pendent. There eXists a vector of non-Zero coef?cients that 
produces a Zero Waveform. This homogeneous coef?cient 
vector can be altered by a scale factor Without affecting the 
?t of forWard gain model, Which means that additional steps 
must be taken to avoid coef?cient drift. In particular, it is 
desirable to minimiZe the contribution of the homogenous 
coef?cient vector to the coef?cient vector used in the for 
Ward gain model. Failing to control the homogeneous mode 
of the coefficient vector can result in the coef?cients increas 
ing to their maXimum values, at Which point the forWard 
gain model Will become invalid. 

[0076] Ill-conditioning is a less severe effect than the 
above-mentioned problem, and is due to mild over-speci? 
cation of the number of gain error functions. When the 
solution is ill-conditioned, the estimator Will use the eXcess 
degrees of freedom to ?t the forward gain model to random 
noise (instead of deterministic intermodulation distortion 
only). Over a long interval, random noise is not correlated to 
the nonlinear modes of the input signal. HoWever, over 
shorter observation intervals, some correlation may eXist 
and Will be included (incorrectly) in the coefficient vector of 
the forWard gain model. After the forWard gain is inverted 
the subsequent predistortion Will generate a noise-like spec 
trum that degrades the poWer ampli?er performance. 

[0077] To avoid problems associated With ill-conditioning 
and non-uniqueness, it is important to exploit knoWledge of 
the input signal and its spectral characteristics to select the 
best gain error functions (baseband kernels and frequencies) 
for the memory based correction. For the single carrier case, 
the best baseband kernel is related to the pulse shape and the 
temporal spacing of the digital symbols used to generate 
X(nT) and the order of the nonlinear mode. This can produce 
unusual looking kernels such as Baastians’ function. For 
simplicity, the preferred implementation selects a simpler 
kernel, such as a Hanning function, and adjusts the Width of 
the kernel to obtain a bandWidth suitable for X(nT) and the 
order of the nonlinear mode of interest. 

[0078] For the case of a multi-carrier input Waveform, the 
input X(nT) is the sum of tWo or more bandlimited carriers 
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that are offset in frequency relative to each other. The 
bandwidth of the individual carriers is typically less than the 
frequency offset, Which makes the linear signals disjoint in 
frequency. However, the nonlinear modes of the composite 
signal include intermodulation betWeen carriers resulting in 
distortion appearing outside the original bandWidth of the 
input signal. The bandWidths and the center frequencies of 
intermodulation terms can be computed from the band 
Widths and center frequencies of the carriers. The frequency 
spacing and baseband kernel bandWidths of the ?lters used 
to generate the memory basis Waveforms are selected to 
match the intermodulation betWeen carriers. 

[0079] In general, the multi-carrier case is of greater 
interest than the single carrier case When selecting the best 
memory based gain error functions. A multi-carrier input 
Waveform has a Wider bandWidth, and the degradation 
associated With the memory effects of the poWer ampli?er is 
most noticeable at Wider bandWidths. 

[0080] In the DPD approach of the present invention, the 
baseband kernel is made adaptive by specifying a simple 
kernel, such as a Hanning WindoW, folloWed by a multi-tap 
FIR ?lter (as shoWn in FIG. 6 discussed beloW). The FIR 
?lter comprises multiple versions of the Hanning ?ltered 
nonlinear mode, each delayed by a different amount and 
Weighted by coef?cients. Adjusting the coef?cient Weights 
and summing the delayed Waveforms achieves the desired 
?ltering. Treating each delayed mode as a separate basis 
Waveform, the coef?cients are estimated directly using the 
method described later. HoWever, from the point of vieW of 
the forWard gain model, the series combination of the 
Hanning WindoW and FIR ?lter creates an adaptive hierar 
chical WindoW Where the adaptation of the FIR coefficients 
alters, slightly, the center frequency, mean delay, and the 
bandWidth of the WindoW. This provides enough ?exibility 
to model the deterministic distortion accurately While con 
straining the degrees-of-freedom sufficiently to minimiZe 
the effects of random noise. The number of coefficients 
Within the FIR ?lter is preferably small (for example, three 
coef?cients are shoWn in FIG. 6) and the delay spacing is 
preferably half of the Hanning WindoW siZe (N samples 
shoWn in FIG. 6). HoWever, the delay spacing and the 
number coef?cients can be altered if additional precision in 
the forWard model is required. 

[0081] The forWard gain error model for the memory 
based correction at iteration i is 

6mm = Zena-mm (Eq- 21) 
k 

[0082] Where ck(i) are complex coef?cients at iteration i. 
Note that the index n,p has been replaced by k for notational 
convenience. The estimation of the complex coef?cients is 
described later. The accumulated forWard gain error coeffi 
cient is 

N (Eq. 22) 
accick : ck(l) + Z a-ck(i) 
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[0083] Where 0<ot<1. As the process converges, approaches Zero. The memory-based predistortion is 

approximated as the negative of the accumulated forWard 
coef?cients: 

Hm = 2 41cm, - pk (nT). (Eq. 23) 
k 

[0084] Next referring to FIG. 6, a detailed embodiment of 
the DPD circuit 100 is illustrated. As shoWn, the input 
provided at 102 is provided along a ?rst linear signal path 
114 Which may be a simple connection to combiner 120 or 
may include a delay if necessary depending on the particular 
implementation of the circuitry in the parallel DPD paths. 
The input signal is also provided to the memoryless com 
pensation path 116 as described above in relation to FIG. 1. 
In the memoryless path 116 the input is provided to a signal 
magnitude detector circuit 602 Which obtains a signal cor 
responding to the magnitude of the input signal and provides 
it to a look up table (LUT) 604 Which employs it to index the 
LUT entries Which provide the memoryless gain error map 
ping described above. Alternatively, the signal used to index 
the LUT may be any other suitable signal related to the 
magnitude of the input signal, for example, a poWer signal 
or any function that increases monotonically With the input 
signal magnitude. The coef?cients stored in the lookup table 
604 Will be periodically updated by circuit 606 Which 
receives updated coef?cients along line 608 from the coef 
?cient estimator block 214 in the adaptive embodiment as 
described above in relation to FIG. 2. The output of the LUT 
604 is provided to a multiplier 610 Which receives a complex 
coef?cient (described above in relation to Eq. 13) from 
nonvolatile storage 612 to provide a Weighted output. The 
coef?cient stored in memory 612 may be periodically 
updated along line 614 in an adaptive embodiment as 
described above in relation to FIG. 2. The output of mul 
tiplier 610 is provided to a second multiplier 616 Which also 
receives the input signal along line 618 to provide the higher 
order memoryless basis function component of the digital 
predistortion compensation signal to summing circuit 122. 

[0085] The input signal from input 102 is also provided to 
the memory based correction DPD path 118. The input 
signal is provided to a signal poWer detector 620 Which 
derives a signal corresponding to a poWer of the magnitude 
of the input signal. In particular, as illustrated the circuit 620 
may provide a poWer signal corresponding to the square of 
the magnitude of the input signal Which poWer signal output 
is then operated on by a hierarchical ?lter and the ?lter 
output, or memory based gain error function, is modulated 
by the input signal. More particularly, the hierarchical ?lter 
includes a ?rst ?xed coef?cient ?lter 622 providing a band 
pass ?ltering operation using a ?xed ?lter kernel folloWed 
by a multi-tap FIR ?lter 625 employing adaptive ?lter 
coef?cients. The ?xed coef?cient ?lter 622 may comprise in 
a preferred embodiment a Hanning ?lter bank. One speci?c 
embodiment of the Hanning ?lter bank is described beloW in 
relation to FIG. 8. In such an embodiment, the output of the 
?lter bank comprises three real signals: a sine, cosine and 
DC signal. Accordingly, With this embodiment of the Han 
ning ?lter employed in FIG. 6 the output of the ?lter 622 
Will comprise three real signals although a single line is 
shoWn for ease of illustration. Alternatively, the output of the 
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?lter 622 may be a single complex signal or a single real 
signal. As shown, the output of the ?lter bank 622 is 
provided to the adaptive coefficient ?lter 625. A?rst branch 
626 of the ?lter 625 receives the output of the ?lter bank 622 
along line 624 and implements an adaptive coef?cient 
?ltering operation to provide a third order memory compen 
sation signal output along line 656. Speci?cally, the signal 
on line 624 is provided through a ?rst delay 628 to multiplier 
632 Which also receives a complex ?lter coef?cient provided 
from nonvolatile storage location 634. In the adaptive 
embodiment described above in relation to FIG. 2 the 
complex coef?cient in the storage location 634 is updated 
periodically along line 636 from the coef?cient estimator 
block. Similarly, the input signal along line 624 is provided 
to multiplier 644 Which receives a complex ?lter coef?cient 
from nonvolatile storage location 646 Which complex coef 
?cient is updated periodically along line 648. Also, the 
signal along line 624 is provided via delay 630 to multiplier 
638 Which receives a complex ?lter coef?cient from non 
volatile storage location 640, Which complex ?lter coef? 
cient is updated periodically along line 642. The outputs of 
the three multipliers 632, 644 and 638 are provided to 
addition circuit 650 Which then provides the output of the 
?lter 626 to a multiplier 652 Which receives the input signal 
along line 654. The ?ltered output modulated by the input 
signal is provided along line 656 as a third order memory 
compensation signal. 
[0086] Optionally, the ?lter 625 may further comprise 
additional higher order memory compensation branches 
627. Each such branch preferably comprises an adaptive FIR 
?lter Which receives higher order poWers of the magnitude 
of the input signal Which are ?ltered and modulated With the 
input signal to provide higher order memory compensation 
signals, e.g., 5th order, 7th order, etc. These higher order 
signal branches of ?lter 625 are illustrated collectively by 
the circuit block 627. Speci?cally, multiplier 658 receives an 
even poWer of the signal magnitude and the output of the 
?lter 622 and provides the higher order output signal to a 
multi-tap FIR ?lter. This FIR ?lter comprises multiplier 664 
receiving the delayed signal from delay 660 and a complex 
coef?cient from storage location 666; multiplier 676 Which 
receives complex coef?cients from storage location 678; 
multiplier 670 Which receives the delayed input signal from 
delay 662 and receives complex ?lter coefficients from 
storage location 672; and addition circuit 682 Which receives 
the output of the three multipliers 664, 676 and 670. The 
output of this higher order ?lter branch is provided to a 
multiplier 684 Which receives the input signal along line 686 
to provide a 3+2m order memory compensation signal along 
line 688. This higher order FIR ?lter is adaptive and 
coef?cient storage locations 666, 672 and 678 receive 
updated coef?cients along lines 668, 674 and 680 respec 
tively. The third and higher order memory compensation 
signals are combined at addition circuit 690 to provide a 
combined memory compensation signal. This combined 
memory compensation signal is provided to combiner 122. 
The output of combiner 122 is the combined memoryless 
and memory predistortion compensation signal Which is 
provided to combiner 120 and combined With the input 
signal to provide the predistorted input signal as an output. 

[0087] Next the principles of operation of the coef?cient 
estimator block 214 Will be described folloWed by a discus 
sion of a speci?c implementation in relation to FIG. 7. The 
coef?cients are preferably computed using a Weighted least 
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mean square (LMS) estimation. A sampled error signal is 
computed as shoWn in FIG. 2: 

y(nT) (Eq. 24) 
ave 

[0088] Where the output signal y(nT) has been doWn 
converted, sampled, and time-aligned to match the input 
signal x(nT) in a nominal sense as described above in 
relation to FIG. 2. The estimation error can be reWritten as 

5W) = 50M) — c0 'VOWT) — Z 0. 'WWT) (Eq- 25) 
k 

Where 

SOWT) : y(nT) _x(nT), (Eq. 26) 
Gave 

[0089] the memoryless basis Waveform, yO(nT), is 

[0090] and the memory basis Waveforms, yk(nT), are 
either 

‘{k(n7)=l5k(n7)'x(n7) (Eq- 28) 

or 

‘{k(n7)=all_l5k(n7)'x(n7) (Eq- 29) 

[0091] depending on Which form of the gain error function 
is used. The LMS estimation of the memory based coef? 
cients ck minimiZes |e(nT)|2. 

[0092] Consider, for example, the case Where three basis 
Waveforms are used to compensate for memory based non 

linearities, plus the memoryless basis Waveform, yo. A direct 
LMS estimation is described beloW. Measurements are accu 

mulated over a time interval [nT—nOT,nT]. The estimated 
coef?cients are 

C0 (Eq. 30) 

C1 

0093 Wheree =e nT-nT ...e n Tand I: ] O,v I: O( o) O( 
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[0094] One problem With the direct implementation of the 
LMS estimator is that the compensation favors portions of 
the spectrum With large error poWer. Unfortunately, this 
corresponds, typically, to the bandwidth spanning the linear 
signal. In general, the strictest limits on the spectral emission 
speci?ed by government regulators are outside of the band 
Width occupied by the linear signal. It is bene?cial to bias the 
estimation to favor portions of the spectrum that have the 
tightest emission limits. 

[0095] To bias the estimation, the error signal and the basis 
Waveforms are modi?ed using a linear operation, such as a 
?lter. Since the coef?cients are constants, a linear operator, 
denoted by fungal ), can be applied to each basis Waveform 
separately (exploiting superposition, see FIG. 7): that is, 

km (Eq. 32) 
lat-memo} = flmisomo} - 2 Ct minmmmm 

[0096] An example of a linear operation is an FIR ?lter 
Whose kernel, heSt(mT), preferably highlights the critical 
portions of the spectrum, as speci?ed by the relevant stan 
dards: 

flmtsmo} = Z 80”) - hmmT - mT). (Eq- 33) 

[0097] Other linear operations, such IIR ?lters, can also be 
used in (Eq. 32). Thus, to improve the distortion cancellation 
in a speci?c portion of the spectrum, the folloWing are 
substituted into (Eq. 30): 

flinzar 73 ("T — "0 T) ' flinzar 73 ("T) 

[0098] When using ?ltering to block the linear portion of 
the spectrum, there is the risk that some or all of the ?ltered 
basis Waveforms are Zero (or very close to Zero). It is 
recommended that the estimation be regulariZed to stabiliZe 
the estimation: that is, 

co (Eq. 36) 

[0099] Where R is a regulariZation matrix and cv)default is a 
default coef?cient vector. The typical structure of R and 
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r00 0 0 0 (Eq. 37) 

0 r11 0 0 
R: 

0 0 r22 0 

0 0 0 r33 

and 

cvydgfmqi 0 0 of. (Eq- 38) 

[0100] In general, the elements of the matrix R are usually 
small compared to the corresponding elements in the matrix 
YVYVT. HoWever, in some cases, it is desirable to specify a 
large value of rO0 to force the coef?cient Weighting of the 
memoryless basis Waveform to be unity. 

[0101] There exists the possibility of interaction betWeen 
the coef?cients of the memoryless LUT and the memory 
based coef?cients during the estimation process, especially 
for bandlimited input signals. This is due in part to the fact 
that auto-correlation of input signal appears similar to delay 
spreading associated With memory effects. The interaction, 
if present in a deleterious form, is characteriZed by ripples 
in the upper bins of the LUT and increasingly large absolute 
values of the memory coefficients over time. In the folloW 
ing, details of the implementation that reduce the interaction 
betWeen memoryless and memory based coef?cient estima 
tion are discussed. 

[0102] In the previous section, the coef?cient cO is used in 
the memory coefficient estimation, instead of setting it to 
unity. This reduces the interaction by discounting the memo 
ryless correction by c0. 

[0103] Another detail of the implementation that reduces 
the interaction is the speci?cation of an input range for the 
LUT that is less than the maximum input magnitude. 
Sampled measurements of input/output pairs Whose input 
magnitude exceeds the upper bin are ignored in the LUT 
coef?cient estimation. Ignoring large peaks prevents abrupt 
changes in the LUT gain error at the upper bin that could 
become problematic during the gain error inversion. 

[0104] The inversion of the forWard gain error LUT is 
constrained as Well. In most cases, the Warping associated 
With the inversion compresses the center magnitudes of the 
bins. This leaves the inversion gain errors at the upper bins 
unde?ned. In this implementation, a threshold magnitude is 
speci?ed that is larger than the maximum input magnitude. 
At this threshold magnitude, the accumulated forWard gain 
error is set to Zero. During the interpolation stage used to 
restore the original bin magnitudes, the inverted gain errors 
above the Warped upper bin are ?lled in With values decay 
ing linearly toWards Zero. The decay rate is determined by 
the difference betWeen the Warped magnitude of the upper 
most bin and the chosen threshold magnitude. As a result, 
the correction provided by the LUT decreases for large 
inputs exceeding the LUT index range, alloWing the correc 
tion to be dominated by the memory based correction. This 
tends to prevent interactions betWeen the LUT and memory 
based coef?cients. 

[0105] The accumulated gain error LUT is smoothed, 
preferably, each iteration, before the inversion, to help 
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reduce the interactions between the LUT and the memory 
based coef?cients. Errors introduced by the smoothing are 
reduced over time by the iterative process. The steady state 
solution is largely unaffected by modest smoothing, but the 
transient behavior of the coef?cients is better behaved. 

[0106] Referring to FIG. 7 a speci?c implementation of 
the coef?cient estimator block 214 is illustrated in a block 
schematic diagram. As shoWn, the coef?cient estimator 
block receives as inputs the input signal along line 700 and 
the error signal along line 702, as described above in relation 
to FIG. 2 and also (Eq. 24). The input signal provided along 
line 700 is provided to a magnitude detector 704 Which 
derives a signal corresponding to the magnitude of the input 
signal and the signal magnitude is used to indeX a memo 
ryless look up table forWard gain mapping circuit 706. The 
output of the look up table 706 is then miXed With the input 
signal at multiplier 708 to provide a memoryless basis 
function as an output. This memoryless basis Waveform is 
provided to ?lter 712 Which may preferably comprise an FIR 
?lter as described above in relation to (Eq. 33). As noted 
above other suitable linear operators may be employed 
including an IIR ?lter. The input signal along line 700 is also 
provided to memory based basis Waveform generator 710 
Which provides the memory based basis Waveforms, N of 
Which are illustrated in FIG. 7. A speci?c embodiment of 
circuit 710 is illustrated in FIG. 10 described beloW. The 
output memory basis Waveforms from Waveform generator 
710 are provided to respective ?lter blocks 714-1 to 714-N 
Which also may preferably comprise FIR ?lters as described 
above in relation to (Eq. 33) or other suitable linear opera 
tors including IIR ?lters. Filter 716 similarly provides an 
FIR or other suitable linear operation on the error signal 
provided at input 702. The outputs of the ?lters are provided 
to forWard gain mapping error coef?cient estimator block 
718 Which determines errors in the coef?cients using the 
above described least mean square processing. Coef?cient 
error value are then provided to an update block 720 Which 
uses the coefficient errors to provide updated corrected 
coef?cients Which are then provided to the DPD 100 along 
line 216 as described previously. 

[0107] Next referring to FIG. 8, a preferred embodiment 
of the Hanning ?lter bank 622 is illustrated in a block 
schematic draWing. As shoWn, the ?lter bank receives the 
input poWer signal at an input 802 Which is split to three 
signal paths Which provide three separate ?ltering opera 
tions. More speci?cally, a ?rst band pass ?lter 804 and a 
second band pass ?lter 806 provide a high and loW band pass 
?ltering operation on the poWer signal. The outputs of the 
?rst and second band pass ?lters are used to generate cosine 
and sine signals output along lines 812 and 820, respec 
tively, by employing cross connected summing circuit 810 
and 816, inverter 814 and 90 degree phase rotation circuit 
818. LoW pass ?lter 808 in turn passes the DC component 
of the poWer signal and provides it as an output on line 822. 
The general resulting form of the poWer envelope spectrum 
provided by the above implementation of the Hanning ?lter 
is shoWn in FIG. 8 Which shoWs the three separate generally 
Gaussian output signals derived from the input poWer signal. 
It should be appreciated that additional band pass ?ltering 
may be employed to provide additional Gaussian output 
signals derived from the input poWer signal. 

[0108] Next referring to FIG. 10, a preferred embodiment 
of the memory based basis Waveform generator 710 shoWn 
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in FIG. 7 is illustrated in a detailed schematic draWing. As 
shoWn, the circuit receives the input signal along line 1000 
Which is provided to a signal poWer detector 1002 Which 
provides a poWer signal output to Hanning ?lter bank 1004. 
The implementation of FIG. 10 may preferably employ a 
Hanning ?lter bank such as described above in relation to 
FIG. 8 and the output of the ?lter bank 1004 comprises three 
real signals, and in particular sine, cosine and DC signals 
provided along lines 1006, 1008 and 1010 as illustrated. The 
outputs of the Hanning ?lter bank 1004 are provided to three 
separate FIR ?lters Which provide a ?ltering operation on 
the input signals and provide as an output the respective 
basis Waveforms as illustrated. Since the operation of each 
?lter is the same only a ?rst ?lter Will be described. As 
illustrated the ?lter comprises a ?rst ?lter branch With a 
delay 1012 Which provides its output to multiplier 1014 
Which also receives the input signal and provides a ?rst 
memory basis Waveform output, a second ?lter branch 
provides the signal on line 1006 to multiplier 1016 Which 
also receives the input signal and provides a second memory 
basis Waveform output, and a third branch of the ?lter 
includes delay 1018 Which provides its output to multiplier 
1020 Which also receives the input signal and provides as an 
output the third memory basis Waveform as illustrated. 
Although nine memory basis functions are shoWn in FIG. 
10, additional basis functions or feWer, may be employed. 

[0109] In an alternative embodiment, the adaptive coef? 
cient estimator function described above may employ pre 
distortion coef?cient lists and an associated list management 
program, implemented in a suitably programmed DSP, along 
With the functionality of coef?cient estimator block 214. The 
best coef?cients for digital predistortion change With the 
average input magnitude (or poWer), temperature, input 
format (number and frequency of active carriers), and other 
measurable input or environmental quantities. In the above 
described approach, the changes in the optimum coef?cients 
are tracked by the adaptive nature of the system. HoWever, 
it is possible to correlate past successful coef?cients With the 
input and environmental quantities by forming a list of past 
successful coef?cient vectors Where each is assigned an 
attribute vector. The attribute vector acts as a multi-dimen 

sional indeX that includes input magnitude, input format, 
temperature, and other measurable input or environmental 
quantities. When changes in the input or environment quan 
tities are large enough to degrade the predistortion perfor 
mance, a neW coefficient vector is retrieved from the list that 
has the closest attribute vector to the current measured 
attributes. The iterative process uses this neW coef?cient 
vector as an initial starting point. This list method is 
described in US. patent application Ser. No. 10/761,788 
?led Jan. 21, 2004 for the case of feedforWard compensa 
tion, and in Us. patent application Ser. No. 10/889,636 for 
adaptive predistortion lineariZation, the disclosures of Which 
applications are incorporated herein by reference in their 
entirety. In particular the functions described in Us. patent 
application Ser. No. 10/889,636, including forming and 
maintaining the list of predistortion coef?cients, may be 
directly employed. 

[0110] When forming the predistortion coefficient list, one 
must choose Whether to store all coef?cients including the 
memoryless LUT entries or just the memory-based coef? 
cients (including the coefficient c0). The memoryless LUT 
entries tend to vary less When the regulariZation Within (Eq. 
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36) is applied aggressively; in such cases only the memory 
based coef?cients need to be stored. 

[0111] When using the predistortion coef?cient list, it is 
necessary to specify distance measures for judging the 
similarity of tWo attribute vectors and the similarity of tWo 
coef?cient vectors. The attribute distance measure is 
described in the above noted U.S. patent application Ser. No. 
10/889,636 (and in Us. patent application Ser. No. 10/761, 
788). The coef?cient distance measure is used in one of tWo 
pruning processes that identify and delete redundant ele 
ments (attribute and coef?cient vector pairs). The coef?cient 
distance measure can include both the memory LUT and the 

memory coef?cients; hoWever, for simplicity, it is recom 
mended that the distance be based on the memory coef?cient 
differences only. 

[0112] It is also necessary to create a measure to determine 
the quality of the digital predistortion correction and to 
specify a threshold to determine When the correction is 
successful. The correction quality is ideally related to the 
relevant spectral mask speci?ed by government agencies. A 
successful correction passes the mask requirements With 
sufficient margin. It is easier, hoWever, to specify the cor 
rection quality as a function of the residual squared error 
(E{|eO|2} Where indicates eXpected value) or the residual 
squared ?ltered error (E{|flinear{eo}|z}), Which are computed 
during the estimation process. These residuals Would be 
normaliZed typically by the input signal poWer (or other 
input measure). The forWard gain error coef?cients for a 
given iteration (not the accumulated forWard gain error) can 
also be used to judge the quality of correction because they 
approach Zero as the iterative process converges to its 
optimal value. L2 or Linf norms can be applied to the forWard 
gain error coef?cients and compared to a chosen threshold to 
determine if the correction is successful. 

[0113] The present invention thus provides a digital pre 
distortion system and method having a number of features 
and advantages, including the folloWing: the use of gain 
error correction to minimiZe the effects of LUT quantiZation; 
the combination of memoryless LUT correction With a 
polynomial based memory based correction; the use of 
hierarchical ?ltering to improve the memory based correc 
tion by creating an adaptive ?lter structure capable of 
compensating for deterministic distortion Without introduc 
ing rogue degrees-of-freedom that incorrectly attempt to 
model random signal processes, (Which in turn Would 
increase the noise ?oor and is undesirable); the implemen 
tation of higher order memory compensation by re-using 
loWer order memory results enhancing the computational 
ef?ciency of the implementation; the estimation of the 
coef?cients using a least mean square method that is 
Weighted to give greater correction in different parts of the 
spectrum (using spectral Weighting that, in general, re?ects 
the spectral mask limits speci?ed by government agencies); 
and undesired interactions betWeen the LUT and the reactive 
memory modules are avoided using LUT smoothing and 
gain error limiting in the LUT inversion. 

[0114] Although a speci?c embodiment and implementa 
tion details have been described these are not meant to be 
limiting in nature as a number of variations and modi?ca 
tions can be provided, as Will be appreciated by one skilled 
in the art. 
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What is claimed is: 

1. A digital predistorter adapted to receive a digital input 
signal and output a predistorted digital signal, the digital 
predistorter comprising: 

an input coupled to receive the digital input signal; 

a ?rst signal path coupled to the input; 

a second signal path, coupled to the input in parallel With 
said ?rst signal path, comprising a ?rst digital predis 
torter circuit providing a ?rst predistortion signal, 
Wherein said ?rst digital predistorter circuit comprises 
a detector providing a signal related to the magnitude of 
the digital input signal and a Look Up Table of gain 
error corrections indeXed by said signal related to the 
magnitude of the digital input signal; 

a third signal path, coupled to the input in parallel With 
said ?rst and second signal path, comprising a second 
digital predistorter circuit providing a polynomial 
based predistortion operation on the input signal and 
providing a second predistortion signal; and 

a combiner circuit Which receives and combines the 
outputs of the ?rst and second digital predistorter 
circuits With the output of the ?rst signal path to 
provide a predistorted digital output signal. 

2. A digital predistorter as set out in claim 1, Wherein said 
second digital predistorter circuit comprises a ?Xed coef? 
cient ?lter and an adaptive coef?cient ?lter coupled in series. 

3. A digital predistorter as set out in claim 1, Wherein said 
Look Up Table has a maXimum indeX range Which is less 
than the maXimum magnitude of the digital input signal. 

4. A digital predistorter as set out in claim 2, Wherein said 
?Xed coef?cient ?lter of said second digital predistorter 
circuit comprises a Hanning ?lter. 

5. A digital predistorter as set out in claim 2, Wherein said 
second digital predistorter circuit further comprises a circuit 
providing a signal corresponding to a poWer of the magni 
tude of the input signal and Wherein said ?Xed coef?cient 
?lter provides a bandpass ?ltering operation on said signal 
corresponding to a poWer of the magnitude of the input 
signal. 

6. A digital predistorter as set out in claim 5, Wherein said 
second digital predistorter circuit provides a third order 
predistortion signal from said input signal. 

7. A digital predistorter as set out in claim 6, Wherein said 
second digital predistorter circuit further provides one or 
more 3+2m order predistortion signals from said input 
signal, Where m is an integer. 

8. A digital predistorter as set out in claim 2, Wherein said 
adaptive coefficient ?lter of said second digital predistorter 
circuit comprises at least three multipliers receiving and 
operating oh the ?lter input With at least three adaptive ?lter 
coef?cients. 

9. A digital predistorter as set out in claim 2, Wherein said 
adaptive coefficient ?lter of said second digital predistorter 
circuit receives the output of the ?Xed coef?cient ?lter as the 
?lter input. 

10. A digital predistortion circuit adapted to receive a 
digital input signal and output a digital predistortion com 
pensation signal, the digital predistortion circuit comprising: 






